Abstract-In outdoor cases, TDOA-based methods with lower accuracy than DOA based methods but fewer microphones and less computation time, are used for 2D wideband sound source localization using only three microphones. Using these methods, outdoor (far-field) high accuracy sound source localization in different climates needs highly sensitive and high performance microphones which are very expensive. In the last decade, some papers were published to reduce the microphones count in indoor 2D sound source localization using TDE and ILD based methods simultaneously. However, these papers do not mention that using ILD-based methods need only one dominant source to be active for accurate localization. Also it is known that using a linear array, two mirror points will be produced simultaneously. This issue means we can localize 2D sound source only in half-plane. In this paper we propose a novel method to have 2D whole-Plane dominant sound source localization using TDE, ILD and HRTF-based methods simultaneously. Based on the proposed method, a special reflector (instead of dummy head) for microphones arrangement is designed and source counting method is used to find that only one dominant sound source is active in the localization area. Simulation results indicate that this method is useful in outdoor and low degree reverberation cases when we try to raise SNR using spectral subtraction and source counting methods.
I. INTRODUCTION
Passive sound source localization methods, in general, can be divided into direction of arrival (DOA), time delay of arrival (TDOA) or time difference estimation (TDE) or interaural time difference (ITD), intensity level difference or interaural level difference (ILD) and head related transfer function (HRTF) based methods. DOA-based beamforming and sub-space methods need many more microphones for high accuracy narrowband source localization which they are not applicable to localization of wideband signals sources in far-field cases. ILD-based methods need high accuracy level measurement hardware and need one source to be dominant enough for high accuracy sound source localization. These methods are applicable to the case of only a dominant sound source (high SNR). TDE-based methods with high sampling rate are used for 2D high accuracy wideband near-field and far-field sound source localization. The minimum number of microphones required for 2D positioning is 3 [1] [2] . Recently some papers were published which introduce 2D sound source localization method using only two microphones in indoor cases using TDE and ILD based methods simultaneously [3] [4] . In this paper we apply this method in outdoor and low reverberation cases for a dominant sound source and evaluate it in different noise powers. Also we propose a novel method to have 2D whole-plane dominant sound source localization using HRTF, TDE and ILD-based methods simultaneously. Based on the proposed method, a special reflector for microphones arrangement is designed and source counting method is used to find that only one dominant sound source is active in the localization area.
The structure of this paper is as follows. Firstly we explain HRTF, ILD and TDE-based methods and remember TDE-based PHAT method. Then we explain sound source angle of arrival and location calculations using ILD and PHAT methods. Then we introduce TDE-ILD-based method to 2D half-plane sound source localization using only two microphones. After introducing source counting method, we propose and simulate our TDE-ILD-HRTF-based method for 2D whole-plane sound source localization. Finally conclusions will be made. [5] Humans have just two ears, but can locate sounds in three dimensions in range and direction. This is possible because the brain, inner ear and the extErnal ears (pinnas) work together to make inferences about location. Humans estimate the location of a source by taking cues derived from one ear, and by comparing cues received at both ears (binaural or difference cues). Among the difference cues are time differences of arrival and intensity differences. The monaural cues come from the interaction between the sound source and the human anatomy, in which the original source sound is modified before it enters the ear canal for processing by the auditory system (Fig.1) . These modifications encode the source location, and may be captured via an impulse response which relates the source location and the ear location. This impulse response is termed the head-related impulse response (HRIR). Convolution of an arbitrary source sound with the HRIR converts the sound to that which would have been heard by the listener if it had been played at the source location, with the listener's ear at the receiver location. The HRTF is the Fourier transform of HRIR. Therefore, HRTF describes how a given sound wave input is filtered by the diffraction and reflection properties of the head, pinna, and torso, before the sound reaches the transduction machinery of the eardrum and inner ear. The pinna is an important object for localizing a sound source in the elevation direction. This is because the pinna spectral features like peaks and notches in HRTFs are caused by the direction dependent acoustic filtering due to the pinna. Notches are created in the frequency spectra when incident wave is cancelled by the reflected wave from the artificial concha (Fig.1) .
II. HRTF, ILD AND TDE (ITD) BASED METHODS

A. HRTF-Based Method
Biologically, the source-location-specific prefiltering effects of these external structures aid in the neural determination of source location, particularly the determination of the source's elevation. Comparing the original and modified signal, we can compute HRTF which tell us in frequency domain how a sound changes on the way from its source to the listener's ear. In a simple style, if is a Fourier transform of the left or right ear sound source, is a DFT of the recorded one, HRTF of that signal can be formally found as: (1) In detail:
Generally, contains all the direction-dependent and direction-independent components (directional transfer function or DTF and common transfer function or CTF, respectively). For the pure HRTF, we have to remove direction-independent elements from . Mathematically, if is the known CTF, then DTF can be computed as: 
B. ILD-Based Method [3][4][ 6]
We consider two microphones for localizing a sound source. Signal s(t) propagates through a generic free space with noise and no (or low degree of) reverberation. According to the so-called inverse-square-law, the signal received by the two microphones can be modeled as:
where and are the distances and and are time delays from source to the first and second microphones respectively. Also and are additive white Gaussian noises. The relative time shift between the signals is important for TDE method but can be ignored in ILD. Therefore if we find the delay between the two signals and shift the delayed signal in respect to the other one, the signal received by the two microphones can be modeled as:
Now we assume that the sound source is audible and in a fixed location. Also it is available during the time interval [0, W] where W is the window size. The energy received by the two microphones can be obtained by integrating the square of the signal over this time interval:
According to (10) and (11) the received energy decreases in relation to the inverse of the square of the distance to the source. These equations lead us to a simple relationship between the energies and distances:
where is the error term. If ( , ) is the coordinates of the first microphone, ( , ) is the coordinates of the second microphone and ( , ) is the coordinates of the sound source, with respect to the origin located at array center, Then:
Now using (12), (13) and (14) we can localize the sound source. ).
C. TDE-Based
In an overall view, the time delay estimation methods are as follows:
Correlation-based methods: (Cross-correlation (CC), ML, PHAT, AMDF)
Adaptive filter-based methods: (Sync filter, LMS) Advantages of PHAT are accurate delay estimation in the case of wideband and quasi-periodic/periodic signals, good performance in noisy and reflective environments, sharper spectrum due to the use of better weighting function and higher recognition rate. Therefore PHAT is used in cases where signals are detected using arrays of microphones and additive environmental and reflective noises are observed. In such cases, the signal delays cannot be accurately found using typical correlation based methods as the correlation peaks cannot be precisely extracted.
D. TDE-Based PHAT Method [2]
PHAT is a cross correlation based method used for finding the time delay between the signals. In PHAT similar to ML, weighting functions are used along with the correlation function as: ,
where is the cross correlation-based power spectrum. The overall function used in PHAT for the estimation of delay between two signals is defined as:
where PHAT D is the delay calculated using PHAT. is found as:
where (23) The main reason for using PHAT φ is to sharpen the correlation function peak leading to more accurate measurement of the delay. Another advantage of PHAT is its simplicity in implementation. In this method, in fact, the weighting function is the same as a normalizing function that relates the spectrum information to the phase of the spectrum. This method features a much higher accuracy in comparison with other methods when dealing with periodic signals. The reason is that, in this case, the spectrum includes local maxima resulting from periodicity of the signal. As the spectrum is whitened in this method, the delay is estimated without any problem. Another advantage of this method is its high performance in noisy and reflective environments. This is due to the fact that all the frequency components are of equal importance due to the normalization. Obviously, this is only true when the signal-to-reverberation ratio (SRR) remains constant, which is almost correct in real conditions, since the amount of reverberation in any frequency is related to the signal energy in that frequency.
III. ILD AND PHAT BASED ANGLE OF ARRIVAL AND LOCAL CALCULATIONS METHODS
A. Using ILD-based Method [3][4][6]
Assuming two microphones are on x axis and have a distance of R (R=D/2) from origin ( Fig.3) , we can rewrite (13) and (14) 
Using x and y instead of and , (27) will become:
.
Therefore source location is on a circle ( Fig.2 ) with centre coordinate ( , 0) and radius ( √ ). Now using a new microphone to find a new equation, in combination with one of the first or second microphones, helps us to have another circle which leads to source location with different centre coordinate and different radii relative to the first circle. Intersection of the first and second circles gives us source location x and y. 
B. Using PHAT Method [1][2][6]
Assuming a single frequency sound source with a wavelength equal to λ to have a distance from the centre of two microphones equal to r, this source will be in far-field if: (31) where D is the distance between two microphones. In the far-field case, the sound can be considered as having the same angle of arrival to all microphones, as shown in Fig.3 . If is the output signal of the first microphone and is that of the second microphone (Fig.3) , taking into account the environmental noise, and according to the so-called inverse-square-law, the signal received by the two microphones can be modeled as (6) and (7). The relative time shift between the signals is important for TDOA but can be ignored in ILD. Also, the attenuation coefficients (1/ and 1/ ) are important for ILD method but can be ignored in TDOA. Therefore, assuming is the time delay between the two received signals, the cross correlation between and is: Since and are independent, we can write:
Now the time delay between these two signals can be measured as:
. (34) Correct measurement of the time delay needs the distance between the two microphones to be: ,
since when D is greater than , is greater than and therefore time delay is measured as -. According to Fig.3 , the angle of arrival is:
Here is sound velocity in air. The delay time is measurable using the cross correlation function between the two signals. However, the location of source cannot be measured this way. We can measure the distance between source and each of the microphones as (13) and (14). The difference between these two distances will be:
Using x and y instead of and , will be:
(38) This is an equation with two unknowns, x and y. Assuming the distances of both microphones from the origin to be R (D = 2R) and both located on x axis:
Simplifying the above equation will result in:
where y has hyperbolic geometrical location relative to x, as shown in Fig.3 . In order to find x and y, we need to add another equation to (38) for the first and a new (third) microphone so that:
It is noticeable that these are nonlinear equations (Hyperbolic-intersection closed-form method) and numerical analysis should be used to calculate x and y, which will increase localization processing times. Also in this case, the solution may not converge. IV. TDE-ILD-BASED 2D SOUND SOURCE LOCALIZATION METHOD [4] Using only TDE or ILD method to calculate source location (x and y) in 2D cases needs at least three microphones. Using simultaneously both TDE and ILD methods helps us calculate source location using only two microphones. According to (26) and (37), and this fact that in a high SNR environment, the noise term η/E2 can be neglected, after some algebraic manipulations, we derive:
Intersection of two circles determined by (42) and (43), with center ( , ) and ( , ), and radius respectively, gives the exact source position. In 1 case, both the hyperbola and the circle determined by (26) and (37) degenerate a line perpendicular bisector of microphone pair. Consequently, there will be no intersection to determine source position. Try to obtain a closed form solution to this problem, transforming the expression by:
where ,
rewrite (44) and (45) into matrix form:
results:
If we define: The positive root gives the square of distance from source to origin. Substituting Rs into (51), the final source coordinate will be obtained. However, a rational solution requires prior information of evaluation regions. It is known to us that, by using a linear array, two mirror points will be produced simultaneously. Assuming two microphones are on x axis ( 0) and have distance R from origin ( Fig.3 ), According to (49) and (50), we cannot find p and q. Therefore we cannot consider such a microphones arrangement. However, using this microphones arrangement simplifies equations. According to (26) and (37) we can intersect circle and hyperbola (Fig.4) to find source location x and y. For intersection of circle and hyperbola, firstly we rewrite (42) and (43) respectively as: (53) and (54) Using microphones coordinate values x and y instead of and we will have: 0 (55) and
which results:
Therefore the sound source location can be calculated as:
and (
We remember again that by using a linear array, two mirror points will be produced simultaneously. This issue means we can localize 2D sound source only in half plane. 
V. PROPOSED TDE-ILD-HRTF METHOD
Using TDE-ILD-based method, dual microphone 2D sound source localization is applicable. But it is known that, by using a linear array in TDE-ILD-based method, two mirror points will be produced simultaneously (half-plane localization in Fig.4) [4] .
Also, it is noticeable that using ILD-based method needs only one dominant high SNR source to be active in localization area. Our proposed TDE-ILD-HRTF method tries to solve these problems using source counting, noise reduction using spectrum subtraction, and HRTF methods. According to previous discussions, ILD-based method needs to use source counting to find that one dominant source is active for high resolution localizing. If more than one source is active in localization area, it cannot calculate correctly. Therefore we would need to count active and dominant sound sources and decide on localization of one sound source if only one source is dominant enough. Using PHAT method gives us the cross correlation vector of two microphone output signals. The number of dominant peaks of the cross correlation vector gives us the number of dominant sound sources. We consider only one source signal to be a periodic signal as:
If the signals window is greater than T, calculating cross correlation between the output signals of the two microphones give us one dominant peak and some weak peaks with multiples of T distances. However, using signals window of approximately equal to T or using non-periodic source signal would lead to only one dominant peak when calculating cross correlation between the output signals of the two microphones. This peak value is delayed equal to the number of samples between the two microphones output signals. Therefore, if one sound source is dominant in the localization area, only one dominant peak value will be in cross correlation vector. Now we consider having two sound sources s(t) and s`(t) in high SNR localization area. According to (6) and (7) we have:
According to (32) we have: Using ILD-based method in TDE-ILD-based dual microphone 2D sound source localization method constraints to use source counting to find that one dominant high SNR source is active in localization area. Source counting method was proposed to calculate active source numbers in localization area. Also spectrum subtraction method is usable for noise reduction and raising alone active source's SNR. If the input signal sampling rate is 96 kHz, the bandwidth of the input signal should be limited to 48 kHz. Since no anti-aliasing analog low-pass filter with 48 kHz cut-off frequency was available, aliasing will cause higher frequency (more than 48 kHz) components to cause some distortion in the lower frequencies. Also, according to the background noise, such as wind, rain and babble sound signals, we can consider a background spectrum estimator.
By using a linear array in TDE-ILD-based dual microphone 2D sound source localization method, two mirror points will be produced simultaneously (Fig.4) . Adding HRTF method, whole plane dual microphone 2D sound source localization is applicable. The scattering of incident sound wave by the pinna cues spectral notches. Notch is created in the frequency spectra when incident wave is cancelled by the reflected wave from the concha wall. The position of the notch varies linearly with elevation. Researchers use an artificial ear that has a spiral shape. This is because a spiral shaped artificial ear is a special type of pinna that can vary the distance from a microphone placed in the centre of the spiral to a concha wall linearly according to the sound direction. But we consider a half-cylinder instead of artificial ear. Due to using such reflector, constant notch position is created for all variation of sound source angle of arrival in front of reflector. Of course the reflector scatters the sound source waves which are in back of it. Therefore we consider some circular slits in half-cylinder's surface (Fig.5) . If d is the distance between the reflector (half-cylinder) and the microphone (is placed in centre), a notch will create when it is equal to quarter of the wavelength of the sound λ plus any multiple of λ/2. For these wavelengths, the incident waves are cancelled (reduced) by reflected waves:
These notches will appear at the following frequencies:
Covering only microphone 2 in Fig.3 by reflector, calculating the Interaural spectral difference gives:
Valuable |∆H f | indicates that sound source is in front. Also negligible value indicates that sound source is in back. Of course need to well design of circular slits to have same frequency spectrum in both microphones when sound source is in back. Using half-cylinder or others shape of reflectors decreases accuracy of time delay and intensity level deference estimation between microphones 1 and 2 due to changing spectrum of second microphone's signals. Multiplying inverse function of notch-filter in second microphone's spectrum increases accuracy.
VI. THE PROPOSED METHOD'S ALGORITHM
According to the discussion in previous sections, we can consider the following steps for our proposed method: 
VII. SIMULATIONS AND DISCUSSION
In order to use the introduced method for sound source localization in low reverberant outdoor cases, we simulated. We tried to evaluate the accuracy of this method in noise-free environment, and a variety of SNRs for some environmental noises. We considered two microphones on x axis ( 0) with one meter distance from origin ( 1, 1 (R = 1)) (Fig.3) and half-cylinder reflector for second microphone. In order to use PHAT for the calculation of time delay between the signals of the two microphones, we downloaded a wave file with a length of approximately four seconds of helicopter sound (wideband and quasi-periodic signal) from internet as our sound source. For different source locations and for an ambient temperature of 15 degrees Celsius, first we calculated sound speed in air using (73).
273.15
(73) Then we calculated and using (24) and (25), and using (37), we calculated time delay between the received signals of the two microphones. According to time delay positive values (sound source nearer to the first microphone (mic1 in Fig.3) ), we delayed second microphone signal with respect to the first microphone signal, and for the time delay negative values (sound source nearer to the second microphone (mic2 in Fig.3) ) delayed the first microphone signal with respect to the second microphone signal. Then using (6) and (7), we divided the first microphone signal by and the second microphone signal by to have correct attenuation in signals according to the source distances from microphones. Finally, using the introduced method, we tried to calculate source location in noise free environment and a variety of SNRs for some environmental noises as follows: For a variety of sound signal to noise ratios (SNRs) for white Gaussian, pink and babble noises from "NATO RSG-10 Noise Data", 16 bit Quantization and 96000 Hz sampling frequency, simulation results are shown in Fig.6 for source location (x = 10, y = 10). Simulation Results show more localization error under SNR 10dB. This issue occurs due to using ILD. 
VIII. CONCLUSIONS
In this paper, we simulated spectral subtraction and source counting methods for proposed TDE-ILD-HRTF-based 2D sound source localization using only two microphones method for low degree reverberation outdoor cases. Simulation results show accuracy in source location measurement in comparison with similar researches [4] and [6] which did not use spectral subtraction and source counting methods. Also indicate that covering one of the microphones by a half-cylinder reflector leads us to have whole-plane 2D sound source localization.
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